Ambisonics and higher order ambisonics (HOA) technologies aim at reproducing sound field either synthesised or previously recorded with dedicated microphones. Based on a spherical harmonic decomposition, the sound field is more precisely described when higher-order components are used. The presented study evaluated the sound field reproduced with four microphones of order one to four, perceptively and objectively in terms of localisation accuracy. A localisation test was performed on four microphones and a synthetic fourth order system.
Introduction
In every points of a source-free sphere centred on the origin of a chosen referential, the acoustic pressure can be expressed by a Fourier-Bessel decomposition. The theoretical decomposition induces an infinite number of harmonics for a exact sound field representation. In practice, the series are truncated to a finite order M . 
The ambisonic theory is based on this principle [41] .
The encoding process describes as faithfully as possible (M +1) 2 loudspeakers for a 3D rendering, M being the ambisonic order. Different decoders exist either to reproduce the original sound field, the basic decoder [12] , to optimise the rendering for a large reproduction area -the controlled-opposite or inphase decoder [36] , or to concentrate the energy of the loudspeaker configuration toward the direction of the source, called maxr E . A mixed decoding option that combines basic and maxr E was proposed to optimise, for a given order the resolution of the reproduced sound field [24, 14, 12] . Poletti [46] demonstrated mathematically that a suitable component weighting improved the decoding process. Furthermore, decoders for non-regular loudspeaker array were recently developed [54] .
In 1977, the National Research Development Corporation in UK and Calrec Audio under the direction of Farrar [20, 21] published a patent that translates Gerzon's theoretical principles [11] to build the first order ambisonics SoundField microphone. Since then, higher order ambisonics (HOA) microphones have been investigated using spherical microphone array, either open such as in [44] , using a rigid sphere such as in [48, 43, 40, 18, 61, 2] , or investigating hybrid arrays [1] . When evaluating the efficiency of ambisonic microphones, both the ambisonic technology and the microphone are sources of impairments.
As the ambisonics reproduction is a partial representation of the sound field, limits linked to the truncation of the finite order M of the Fourier-Bessel series appear. Sound field impairment has been defined in terms of quadratic error between the ideal and the reproduced waves [45, 13, 38, 52] , expressing a reduction of the reproduction area proportional to the frequency. The reproduction error was linked by Daniel to a limit frequency for a reproduction area that is slightly bigger than a centred listener's head, for increasing truncation orders (table 1) [14] . One would need order 16 to reproduce the full audible bandwidth for the area of an average head. To express synthetically the reproduction of the sound source position, Gerzon defined the velocity vector, based on Makita's theory [34] , which makes a connection between the apparent speed of the wave front reproduced in stereophony and the localisation phenomenon; and the energy vector, which is defined as the barycentre of the loudspeaker directions weighted by their energy contribution and points in the direction of the highest concentration [24] .
Regarding a partial set of localisation cues at high frequency, the energy vector was interpreted by Daniel as providing a rough estimate of the blur width of the reproduced sound source. This blur width is objectively characterised by the angle α E = acos(r E ) [12] , where r E is the norm of energy vector. The use of HOA components M leads r E close to 1. Therefore the blur width on sensor configuration, sampling scheme, sensor quality, sensor mismatch and placement [40, 48, 17, 60, 49] .
Most perceptive studies are based on evaluating the reproduced sound field using a first order microphone [19, 28, 59, 29, 5] . Studies evaluating the perceived spatial resolution for HOA systems are mainly based on synthesised ambisonic sound field and show that higher order systems perform better than first order ones. Sontacchi et al. [53] , Pulkki [47] and Bates et al. [4] evaluated HOA systems in terms of localisation performance. Results have shown an improvement of localisation with an increase of the ambisonic order (a third order approach is recommended by Sontacchi et al. [53] improve the ratio between the omni and bi-directional component was proposed by Gerzon and Craven [11] and implemented in the SoundField encoder.
The Higher Order Ambisonics prototypes
If the first order harmonics (omnidirectional and bidirectional components) can be directly created by com- 
Third order microphone
A third order microphone can be derived from the 8 sen- 6700 Hz and 7500 Hz.
Fourth order microphone
The fourth order microphone (figure 3) is composed of 32 sensors positioned in a pentaki dodecahedron configuration on a semi rigid sphere (plastic ball) of 7 cm diameter (identical at the second order microphone's one).This microphone is named 32-sensor in the following sections. This configuration creates two different distances between adjacent sensors, 2.5 cm and 2.283 cm, which results in theoretical spatial aliasing frequencies that would be between 6700 Hz and 7500 Hz, with a classic encoder. 
Optimised encoding
The four microphones have been measured in the anechoic chamber of IRCAM. For each microphone, the measurements were sampled from −40
• to 90
• in elevation and from 0 • to 360
• in azimuth with a stepsize of 5
• . The procedure is described in details in [40] .
In order to exploit the best potential of the four microphones, a specific encoding optimising the performance was used. The ambisonic components of the SoundField microphone were recorded directly, therefore taking into account the equalisation proposed by Gerzon and Craven [11] . Furthermore for each HOA prototype, sensor responses were measured and combined to form an optimised encoding that minimises the influence of their non-flatness and their discrepancies [40] . 
Encoding limits
From Shannon criteria, an ambiguity in the encoding process occurs from the aliasing frequency defined as:
where c is the speed of sound, R the radius of the sphere and γ the maximum angle between two sensors.
To characterise the encoding of the four microphones a spatial correlation and a level difference has been calculated between the directivity of the measured components and theoretical spherical harmonics. This allowed to synthetically estimate the degree of similarity of the directivity shape of the ambisonics components.
The contribution of the encoded components could then be deduced from these indices. A frequency range for which components were well reproduced for a threshold of attenuation lower than −3 dB is exposed in ta- Increasing the gain of the high order components to compensate for these non-optimal limits would raise the noise floor of the recording at low frequency. Therefore the HOA components were kept as such.
Decoder
For the perceptive and objective evaluation, all the systems were decoded using a mix decoding option, optimising the resolution of the reproduced sound field.
The basic decoder [12] reproduces a plane wave in a zone slightly bigger than an average head until a limit frequency f lim depending on the order (cf. table 1).
Beyond this frequency, the maxr E decoding option concentrates the energy contributions of the loudspeakers in the sound source direction [14, 12] . Shelf filters [23] placed before the decoding matrix were implemented. A biquadratic infinite impulse response (IIR) was created for each order with f lim (cf. SoundField microphone >16500 ---12-sensor microphone 100 -8300 900 -4700 --8-sensor microphone 300 -7000 1400 -5300 2800 -6000 -32-sensor microphone 100 -18000 1000 -17400 2000 -18000 3400 -17800 f lim 700 1300 1900 2500 Table 3 : Frequency range for which ambisonics components of the measured microphones are well reproduced for a threshold of attenuation lower than −3 dB. The frequency f lim represents the upper frequency limit of accurate reproduction over an area about the size of a head.
To investigate perceptively the performance of the four microphones on reproducing accurately the direction of a sound source, a localisation test was performed 1 . 
Methods of report

Systems under test
The four microphones as well as a synthetic 4th order encoder were tested:
• SoundField microphone, first order,
• 12-sensor microphone, second order,
• 8-sensor microphone, third order,
• 32-sensor microphone, fourth order,
• a synthetic 4th order encoder.
The synthetic 4th order encoder was calculated from the equations of a theoretical encoding for a reproduction in the horizontal plane.
The sound source (the acoustic pointer) was projected on the spherical harmonics reproduced with the 8
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measured microphones for every directions. The spherical harmonics were then decoded using a mix decoding option, as explained in section 2.5.
Reproduction system
Twelve loudspeakers evenly distributed among a ring of 48 loudspeakers composed the HOA reproduction system (displayed in figure 4 ).
The 48 loudspeakers were regularly spaced every 7.5
• on a dodecagonal structure with a radius of 1.5 m.
They were mid-range monitor prototypes developed by 
Stimuli
The target stimulus was played through a single loudspeaker while the pointer was an ambisonic reproduced sound source. The target and pointer were spectrally different to avoid tonal match. 
Target stimulus
The target stimulus was a 206 ms train of nine 22 ms white noise bursts modulated in amplitude. Two bursts were separated by 1 ms. The average sound level was 70 dB SPL at the ears of the listener.
Acoustic pointer stimulus
A broadband uniformly masking noise [62] (20 Hz to 20 kHz) was used to build the pointer stimulus. Its large frequency range ensured that all localisation cues were used. The noise had to be filtered to account for both the decoding process and compensation of the loudspeaker reproduction system. However, the pointer being dy- 
Test procedure
The pointer and target sounds were alternately presented and separated by a 150 ms silence (as shown in figure 5 ). The listener had twenty-five target -pointer presentations to adjust the pointer to the target direction.
The overall presentation duration (17.4 s) was a compromise between the answer's time and the repetition number that the listener needed to adjust the pointer.
The initial direction of the pointer was randomly chosen between ±20
• and ±60
• around the target direction. The listener was not aware of this first direction. This observation reveals the difficulty of the listener to find an accurate adjustment and a conclusive direction in some cases. All the pointer values were included in the subsequent analysis.
Listeners
Listeners' performance
Prior to comparing the different systems performances, an analysis was conducted on individual performances to verify that the error was brought by the system and not by the ability of the listener to localise a source.
Previous localisation tests demonstrated inter-listener variability in free field and with greater magnitude with reproduction systems [27, 55, 58] . In localisation of natural sources situated in front of the listener, the error is 1
• with a localisation blur of ±3.6
• for a broad band signal [7] .
The last pointer positions were interpreted as the per- der system is within the range of the natural localisation blur for frontal sound source directions. Therefore, we considered that the system could reproduce frontal sound sources and that the listeners were able to report the sound source direction when well reproduced. Therefore all the results were kept for further analysis.
Perceived pointer direction
The analysis carried out on the unsigned error (presented in section 3.7.2) revealed a strong influence of the system (F(4) = 21.28, p < 0.01) and of the direction (F(12) = 9.14, p < 0.01).
As stated in 3. 
Confusions
Front to back and back to front confusions were ob- The subjective evaluation concluded that localisation error was increasing for lateral directions and that the sound source was perceived more accurately when reproduced with higher order systems. To investigate the impairment brought by the system, an objective evaluation was performed on first and higher order ambisonics systems.
Theoretical limits
The blur width characterised by Daniel [12] 
The projection of the angular difference between the en- 
Simulated reproduction at the listener's ears
In order to characterise the rendering at the listener's ears, the reproduced interaural time difference (ITD) was estimated for all different systems. ITD is used to predict the sound source direction and it is predominant at low frequency. From the duplex theory, above 1500 Hz, interaural level difference (ILD) prevails [50] . This showed that sound source lateralisation increased along with the system order, giving an indication of the HRIR reproduction quality for a centred listener. Previous studies that investigated first [30, 56, 47] and second [56, 47] order ambisonic systems showed a deterioration of the simulated localisation cues and large localisation errors.
Furthermore, apart from the synthetic 4th order system and the 32-sensor microphone that had a good correlation (98 %), the microphones performed less well than the synthetic system of same order (correlation of 82 % for the SoundField microphone and the synthetic first order system, of 69 % for the 12-sensor microphone and the synthetic second order system and 89 % for the 8-sensor microphone and the synthetic third order system). This suggests that the non-ideal ambisonic components from the microphones influenced the ITD reproduction.
Baskind's model
The ITD calculation synthetically showed the influence of the ambisonic order and of the microphone reproduction. In order to get closer to the mechanism of localisation, a model predicting the direction of a sound source and developed by Baskind Figure 13 illustrates the different steps.
The root mean square error d equation (4) The Kemar dataset that has a 5
• step between directions, was used. Intrinsically, the model has a lack of accuracy at low frequencies and an "estimation blur" in between 1500 Hz and 3000 Hz. However the estimation of the reproduced direction using Kemar's HRIRs as target system as well as database shows a perfect match for the reproduced direction. An example for a sound source direction of 120
• is displayed in figure 15 . To estimate the impairment introduced by each system on the estimation of the target direction, a correlation between the reference estimation and the one of each ambisonic system was calculated. Table 4 
Discussion
In the objective and perceptive analysis the performance of the system was dependent on the ambisonic order and the source incidence. The reproduction of lateral sources brought bigger errors, either in simulation or during the localisation task, inducing a under lateralisation of the source. In a localisation test on first and second ambisonics order systems, Pulkki et al. showed a better localisation for a frontal source that decreased for a lateral one [47] . Guastavino et al. using a first order ambisonic system with an inphase decoder showed a pronounce under lateralisation of the perceived source directions from 60
• and a lot of confusions [29] . DeSena et al. used a second order ambisonic system with an inphase decoder and found also an obvious under lateralisation [15] . Even though we used a decoder developed to give the most accurate reproduced sound
field [25] and tested as such [6] , under lateralisation of (table 3) .
Nevertheless, using more components increased the accuracy even if the components were not perfectly reproduced on the entire frequency range. Indeed the higher order ambisonic systems showed a more accurate reproduction than the first order one. • using Baskind's model for the synthetic systems of order 1 to 4 and their corresponding microphones. The estimation is displayed for the frequency range 100 Hz -18000 Hz.
